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(57) A multipath noise reducer detects and rennoves 
the individual noise spikes occuning in an interval of 
multipath noise, thereby reducing the multipath noise 
with minimal distortion of \he audio output signal. The 
multipath noise spikes are detected by comparing a rec- 
tified signal vt^ith a threshold signal derived from the rec- 



tified signal. When the multipath noise reducer is used 
in an FM stereo radio receiver, stereo separation may 
also be controlled according to the detection of multip- 
ath noise. 
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Description 

BACKGROUND OF THE INVENTION 

[0001] This invention relates to a multipath noise 
reducer, an audio output circuit including a multipath 
noise reducer, and a frequency-modulation (FM) radio 
receiver including a multipath noise reducer. 
[0002] Radio receivers are afflicted by various types 
of electromagnetic noise. Radio broadcast receivers 
mounted in automobiles, for example, must contend 
with ignition noise and mirror noise, which are impulsive 
in character and are generally refered to as impulse 
noise. These so-called car radios also experience epi- 
sodes of multipath noise due to reflection of radio waves 
from hills, high buildings, and other passing objects. 
Multipath noise occurs because the car radio antenna 
receives both a line-of-sight signal, coming directly from 
the transmitting antenna, and reflected signals, 
reflected from the passing objects. The reflected signals 
tend to be out of phase with the line-of-sight signal, 
causing the line-of-sight signal to be partly attenuated 
by the reflected signals. The resulting deterioration in 
quality of the audio output from a car radio is a familiar 
experience to automobile riders. 
[0003] Various methods of reducing noise are 
known. In an FM stereo car radio, one method Is to 
detect the strength of the electric field received at the 
antenna, and take noise countermeasures when the 
field is weak. One countermeasure is to reduce the 
degree of stereo separation, or to switch completely 
from stereo to monaural operation. This countermeas- 
ure will be refen*ed to below as stereo separation con- 
trol. Another countermeasure is to attenuate or "cuf 
high-frequency components in the demodulated signal. 
This countermeasure will be refen-ed to below as high- 
cut control. Both of these countermeasures improve the 
signal-to-nolse (S/N) ratio during Intervals when the 
electric field received at the antenna is weak. 
[0004] To reduce impulse noise, car radios may 
also include an impulse noise reducer that detects the 
onset of impulse noise and generates a gate signal hav- 
ing a predetermined length sufficient to cover the 
expected duration of the impulse noise, which is typi- 
cally only a fraction of a millisecond. When the gate sig- 
nal is active, the signal output by the car radio is held 
constant, effectively suppressing the noise. 
[0005] The gate pulse used in this type of impulse 
noise reducer is too short to mask multipath noise, the 
duration of which is typically much longer than the dura- 
tion of impulse noise. The gate pulse could be length- 
ened to cover multipath noise intervals, but a long gate 
pulse would noticeably distort the audio output signal. 
Furthermore, the long gate pulse would be triggered by 
each short occurrence of impulse noise, resulting in 
much needless audio distortion during times when no 
noise was present. 

[0006] Further details of these problems will be 



given in the detailed description of the invention, 
SUMMARY OF THE INVENTION 

5 [0007] An object of this invention is to reduce multi- 
path noise with minimal output distortion. 
[0008] The invented multipath noise reducer 
includes rectifying means, threshold-calculating means, 
comparator means, and modification means. The rectl- 

10 fylng means generates a rectified signal corresponding 
to an absolute value of an Input signal. The threshold- 
calculating means generates a threshold signal having 
a value related to the rectified signal. The comparator 
means detects multipath noise by comparing the recti- 

15 fled signal with the threshold signal, and outputs a 
detection signal. The modification means modifies the 
Input signal according to the detection signal, thereby 
reducing multipath noise present in the input signal. 
[0009] The active pulses in the detection signal do 

20 not have a predetermined width, but correspond to the 
actual width of multipath noise spikes occun-ing in the 
input signal. All multipath noise spikes can thereby be 
removed without distortion of other parts of the signal. 
[0010] The rectifying means includes, for example, 

25 a high-pass filter and an absolute-value calculation 
means. The high-pass filter facilitates both the accurate 
detection of multipath noise by the comparator means, 
and the generation of an appropriate threshold signal by 
the threshold-calculating means. 

30 [0011] The rectifying means may be configured so 
that the high-pass filter operates on the output of the 
absolute-value calculation means. This configuration 
enables the width of multipath noise spikes to be 
detected accurately with a comparatively simple high- 

35 pass filter. 

[0012] The threshold-calculating means includes, 
for example, smoothing means for smoothing the recti- 
fied signal. The smoothing means prevents the thresh- 
old signal from being affected by signal variations below 

40 the noise floor level. 

[0013] The threshold-calculating means may also 
include limiting means for limiting variations in the input 
and/or output of the smoothing means. Excessive varia- 
tions in the threshold signal are thereby prevented. 

45 [0014] The invented audio output circuit includes a 
multipath noise reducer as described above. The 
invented audio output circuit can accordingly generate 
an audio output signal that remains comparatively free 
of distortion even during intervals of multipath noise. 

50 [0015] If the audio signal generated by the audio 
output circuit is a stereo signal, the audio output circuit 
may also include control means receiving the detection 
signal from the comparator means in the multipath 
noise reducer and generating therefrom a control signal 

55 controlling stereo separation of the audio signal. Distor- 
tion due to multipath noise can then be further reduced. 
[0016] The control means comprises, for example, 
time-constant means for combining past and present 
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values of the detection signal according to a predeter- 
nnined time constant. Unwanted effects such as an 
unstable sound image and rapid volume fluctuations 
can then be avoided. 

[0017] The control means may cause the control 5 
signal to vary in a stepwise manner, which also prevents 
rapid volume fluctuations. 

[0018] The control means may cause control of the 
stereo separation of the audio signal to start at a zero- 
crossing point of the audio signal. Discontinuities In the io 
output audio signal are thereby avoided. 
[0019] The invention also provides an FM radio 
receiver including an audio output circuit as described 
above. FM broadcasts can then be received with 
reduced distortion due to multipath noise. is 
[0020] Alternatively, the invention provides an FM 
stereo radio receiver including an FM demodulator, a 
muttipath noise reducer, and an impulse noise reducer. 
The multipath noise reducer reduces multipath noise in 
the demodulated signal output by the FM demodulator 20 
The impulse noise reducer reduces impulse noise in the 
signal output from the multipath noise reducer. FM 
stereo broadcasts can then be received with reduced 
distortion due to both multipath noise and impulse 
noise. 25 
[0021] The multipath noise reducer in this FM 
stereo radio receiver may of course be the invented mul- 
tipath noise reducer, in which case the above-described 
effects of the invented multipath noise reducer are 
obtained. 30 

BRIEF DESCRIPTION OF THE DRAWINGS 

[0022] In the attached drawings: 

35 

FIG. 1 is a block diagram of a conventional FM 

stereo radio receiver; 

FIG. 2 illustrates a typical multipath noise wave- 
form; 

FIG. 3 is a block diagram of an FM stereo radio 40 
receiver illustrating a first embodiment of the inven- 
tion; 

FIG. 4 is a waveform diagram illustrating the opera- 
tion of the multipath noise reducer in FIG. 3; 
FIG. 5 is a block diagram illustrating one possible 4S 
structure of the threshold generator in FIG. 3; 
FIG. 6 is a block diagram illustrating another possi- 
ble structure of the threshold generator in FtG. 3; 
FIG. 7 is a block diagram illustrating another possi- 
ble structure of the threshold generator in FIG. 3; so 
FtG. 8 is a block diagram illustrating another possi- 
ble structure of the threshold generator in FIG. 3; 
FIG. 9 is a block diagram of an FM stereo radio 
receiver illustrating a second embodiment of the 
invention; ss 
FIG. 10 is a waveform diagram illustrating the oper- 
ation of the multipath noise reducer in FIG. 9; 
FIG. 11 is a block diagram of an FM stereo radio 
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receiver illustrating a third embodiment of the inven- 
tion; 

FIG. 12 is a block diagram illustrating one possible 
structure of the control unit in FIG. 1 1 ; 
FIG. 13 is a waveform diagram illustrating the oper- 
ation of the control unit in FIG. 12; 
FIG. 14 is a waveform diagram illustrating the oper- 
ation of a variation of the control unit in FIG. 12; 
FIG. 15 is a waveform diagram illustrating the oper- 
ation of another variation of the control unit in FIG. 
12; and 

FIG. 16 is a block diagram of an FM stereo radio 
receiver illustrating a variation of the third embodi- 
ment, 

DETAILED DESCRIPTION OF THE INVENTION 

[0023] Embodiments of the invention will be 
described with reference to the attached drawings, fol- 
lowing a description of a conventional FM stereo radio 
receiver with an impulse noise reducer This description 
is relevant because the impulse noise reducer is also 
used in the embodiments of the invention. Uke ele- 
ments in different drawings will be indicated by like ref- 
erence characters. 

[0024] Referring to FIG. 1, the conventional FM 
stereo radio receiver comprises an antenna 1 , a radio- 
frequency (RF) signal-processing circuit or front end' 2, 
an intermediate-frequency amplifier (IF AMP) 3, an FM 
demodulator (DEMOD) 4, an impulse noise reducer 6, a 
stereo demodulator 7, a low-frequency amplifier (AMP) 
8, a pair of loudspeakers 9, 1 0, a stereo separation con- 
troller (BP CNTRL) 11, and a high-cut controller (HC 
CNTRL) 12. 

[0025] The RF front end 2 amplifies the radio-fre- 
quency signal received from the antenna 1 and down- 
converts the amplified RF signal to the intermediate fre- 
quency. The IF amplifier 3 amplifies the resulting IF sig- 
nal, and outputs both the amplified IF signal and a 
signal-meter signal or S-meter signal. The S-meter sig- 
nal indicates the field strength received at the antenna. 
The FM demodulator 4 demodulates the amplified IF 
signal to generate an FM composite signal. The impulse 
noise reducer 6 reduces impulse noise in the FM com- 
posite signal. The stereo demodulator 7 separates the 
FM composite signal into a teft-channel signal and a 
right-channel signal. The low-frequency amplifier 8 
amplifies these two signals for output to the loudspeak- 
ers 9, 1 0. The stereo separation controller 1 1 perfomns 
stereo separation control on the basis of the S-meter 
signal. The high-cut controller 12 perfomns high-cut con- 
trol, also on the basis of the S-meter signal. 
[0026] The impulse noise reducer 6 comprises a 
buffer amplifier 6a, a delay unit 6b, a gate unit 6c, a 
high-pass filter (HPF) 6d that extracts high-frequency 
impulse noise from the output of the FM demodulator 4, 
a noise detector (DET) Be, a gate pulse generator 6f 
that generates a gate pulse of a predetermined duration 
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or width on the time axis when noise is detected, an 
automatic gain control (AGC) circuit 6g for the noise 
level, an output unit 6h, and a memory unit 6i that stores 
the immediately preceding output signal. When noise is 
not detected, the gate unit 6c remains closed, and the 
FM composite signal output from the FM demodulator 4 
propagates through the buffer amplifier 6a, delay unit 
6b, gate unit 6c, and output unit 6h to the stereo demod- 
ulator 7 and memory unit 6i. When noise is detected in 
the FM composite signal by the noise detector 6e, a 
gate pulse of the predetermined width is output from the 
gate pulse generator 6f, opening the gate unit 6c. While 
the gate unit 6c remains open, the output signal from 
the delay unit 6b is blocked, and the signal stored in the 
memory unit 6i just before noise was detected is output 
instead, so that the noise does not reach the stereo 
demodulator 7. 

[0027] The impulse noise reducer 6 is designed pri- 
marily to reduce impulse noise, but when the FM com- 
posite signal includes multtpath noise, the multipath 
noise is also detected, and is reduced to some extent. 
[0028] The first wavefbnn (a) in FIG. 2 shows a typ- 
ical episode of multipath noise in an FM composite sig- 
nal. The second waveform (b) shows an enlargement of 
one multipath noise interval. Multipath noise comprises 
a series of spikes (spii^e noise), occurring at intervals 
equal to the FM composite subcarrier period. The 
enlarged interval, for example, includes ten such spikes, 
each having a positive component and a negative com- 
ponent. 

[0029] The gate pulse generated by the gate unit 
6c, If set to reduce ignition noise, for example, has a 
width equivalent to only the first few spikes in the sec- 
ond waveform (b) in FIG. 2. Consequently, the impulse 
noise reducer 6 is inadequate to the task of rejecting 
multipath noise. Moreover, in the part of the multipath 
noise interval that Is rejected by the impulse noise 
reducer 6, both the noise spikes and the signal seg- 
ments between the spikes are rejected. The segments 
between the noise spikes include vatid information, 
which the impulse noise reducer 6 needlessly removes 
from the FM composite signal. 
[0030] If the gate pulse width in the impulse noise 
reducer 6 were to be increased to cover the longest 
intervals of multipath noise, then much valid information 
would be lost, and the audio output signal might be very 
noticeably distorted. In the worst case, the audio output 
signal might completely disappear for a noticeable 
length of time. 

[0031] As a first embodiment of the invention, FIG. 
3 shows an FM stereo radio receiver comprising an 
antenna 1 , an RF front end 2, an IF amplifier 3, an FM 
demodulator 4, a multipath noise reducer 5, an impulse 
noise reducer 6, a stereo demodulator 7, a low-fre- 
quency amplifier 8, a pair of loudspeakers 9, 10, a 
stereo separation controller 1 1 , and a high-cut controller 
12. The multipath noise reducer 5 comprises a high- 
pass filter (HPF) 5a, an absolute-value calculation unit 



(ABS) 5b, a comparator unit (COMP) 5c, a threshold 
generator 5d, a delay unit 5e, and a storage unit 5f. The 
high-pass filter 5a and absolute-value calculation unit 
5b fomn a rectifying means in which the output of the 

5 high-pass filter 5a becomes the input of the absolute- 
value calculation unit 5b. The multipath noise reducer 5, 
impulse noise reducer 6, stereo demodulator 7, low-fre- 
quency amplifier 8, stereo separation controller 1 1 , and 
high-cut controller 12 form an audio output circuit. 

10 [0032] The elements other than the multipath noise 
reducer 5 are similar to the corresponding elements In 
the conventional FM receiver in FIG. 1, so detailed 
descriptions will be omitted. The gate pulse width in the 
impulse noise reducer 6 is adjusted for the removal of 

15 impulse noise such as, for example, automobile ignition 
noise. 

[0033] Next, the overall operation of the first 
embodiment will be described. 

[0034] An FM broadcast signal is received by the 

20 antenna 1 and processed by the RF front end 2, IF 
ampnfter 3, and FM demodulator 4 as described above. 
The FM composite signal output by the FM demodulator 
4 will be referred to below simply as a demodulated sig- 
nal. The demodulated signal passes through the multip- 

25 ath noise reducer 5, which reduces multipath noise, 
then through the impulse noise reducer 6, which 
reduces impulse noise. After these two types of noise 
reduction, the demodulated signal is suppfied to the 
stereo demodulator 7. The stereo demodulator 7, low- 

30 frequency amplifier 8, stereo separation controller 11, 
and high-cut controller 12 operate as in the conventional 
FM radio receiver. The amplified left-channel and right- 
channel audio signals are reproduced through the loud- 
speakers 9, 1 0. 

35 [0035] Next, the operation of the impulse noise 
reducer 6 will be described in more detail with reference 
to the wavefomns in FIG. 4. 

[0036] The first waveform (a) in FIG. 4 is the 
enlarged multipath noise waveform that was shown in 

40 FIG. 2. The next waveform (b) in FIG. 4 is the con-e- 
sponding output of the high-pass filter 5a in the multip- 
ath noise reducer 5. The cut-off frequency of the high- 
pass filter 5a is set to detect the noise spikes, while flat- 
tening out the slower variations between the noise 

45 spikes. The signal output by the high-pass filter 5a 
accordingly sits substantially at the ground level 
between noise spikes, and reverses between positive 
and negative values at the rise and fall of each noise 
spike. The high-pass filter 5a detects both the rising and 

50 the falling edges of the multipath noise spikes in the 
demodulated signal. 

[0037] The absolute-value calculation unit 5b recti- 
fies the output of the high-pass filter 5a by replacing 
negative values with positive values of like magnitude, 
55 as shown in the next waveform (c) in FIG. 4. Multipath 
noise can accordingly be detected by comparing the 
signal output by the absolute-value calculation unit 5b 
with a threshold signal, indicated by the dotted line in 
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this waveform (c). The comparison is performed by the 
comparator unit 5c; the threshold signal is generated by 
the threshold generator 5d. 

[0038] By performing this comparison, the compa- 
rator unit 5c converts the waveform (c) output by the 5 
absolute-value calculation unit 5b to a bi-level signal or 
pulse signal, as shown in the next waveform (d). This 
pulse signal (d) functions as a gate pulse signal or 
detection signal. 

[0039] The threshold generator 5d generates the io 
threshold signal by smoothing the output of the abso- 
lute-value calculation unit 5b over a certain interval of 
time, using a low-pass filter or similar means. Accord- 
ingly, the threshold signal is not constant, but tracks var- 
iations in the average level of the absolute value of the is 
filtered signal output by the high-pass filter 5a. The rea- 
son for using this type of threshold signal is that under 
adverse receiving conditions, as the field strength at the 
receiving antenna 1 deteriorates, so does the signal-to- 
noise (S/N) ratio of the demodulated signal, raising the 20 
base noise level or 'noise floor* and causing the high- 
pass filter 5a to generate an increasing level of output 
due to noise other than multipath noise. The threshold 
value used by the comparator unit 5c must be high 
enough so that the comparator unit 5c does not detect 25 
noise that is part of the general noise floor. 
[0040] The delay unit 5e delays the demodulated 
signal for the length of time taken by the high-pass filter 
5a, absolute-value calculation unit 5b, comparator unit 
5c, and threshold generator 5d to detect multipath noise 30 
therein. The resulting delayed demodulated signal Is 
supplied to the storage unit 5f. 
[0041] The storage unit 5f operates as a transpar- 
ent latch. When the detection signal (the gate pulse sig- 
nal) output by the comparator unit 5c is at the low level, 35 
indicating that the delayed demodulated signal is free of 
multipath noise, the storage unit 5f passes the delayed 
demodulated signal to the impulse noise reducer 6. 
While the detection signal is at the high level, indicating 
that multipath noise is present, the output of the storage 40 
unit 5f stays unchanged, thus being held at the last 
value of the delayed demodulated signal that was free 
of multipath noise. The output of the storage unit 5f is 
illustrated by the bottom waveform (e) in FIG. 4. During 
each of the pulses output by the comparator unit 5c in 45 
waveform (d) , this waveform (e) remains substantially 
constant. 

[0042] Each spike in the multipath noise is thereby 
replaced with the immediately preceding demodulated 
signal value, so that the noise spikes are removed indi- so 
vidually. The Impulse noise reducer 6 thus succeeds in 
removing all of the noise spikes without severely distort- 
ing the audio output signal, and without causing the 
complete disappearance of audio output for a noticea- 
ble length of time, 55 
[0043] Next, more detailed descriptions of several 
of the components of the multipath noise reducer 5 will 
be given. 



220 A2 8 

[0044] FIG. 5 shows a circuit that can be used as 
the threshold generator 5d. The absolute values 
received from the absolute-value calculation unit 5b are 
denoted x(n), n being a discrete time variable; x(n) will 
also be referred to as the n-th sample received from the 
absolute-value calculation unit 5b. The letter K is a con- 
stant positive time constant. Roughly speaking, the 
threshold generator 5d smoothes out variations lasting 
less than K samples in the output of the absolute -value 
calculation unit 5b. The letter L is a coefficient or gain by 
which the smoothed value is multiplied to raise the 
threshold value above the noise floor. L is set to produce 
a threshold value intermediate between the noise floor 
level and the noise level when multipath noise is 
present. 

[0045] The circuit in FIG. 5 comprises multipliers 
5d1 , 5d4, 5d5, an adder 5d2, and a one-sample delay 
unit5d3. Multiplier 5d1 multiplies the n-th received sam- 
ple x(n) by 1/K. Adder 5d2 adds the outputs of multipli- 
ers 5d1 and 5d4 to obtain a smoothed signal y(n). 
Multiplier 5d5 multiplies y(n) by L to obtain the threshold 
signal supplied to the comparator unit 5c. Delay unit 5d3 
delays the smoothed signal y{n) by one sample period 
and supplies the delayed signal y(n - 1)to multiplier 5d4. 
Multiplier 5d4 multiplies the delayed signal y(n - 1) by 
(K-1)/K. The smoothed signal y(n) is accordingly 
given by the following equation. 

y(n) = (1/K) • x(n) + { (K + 1)/K) ) • y(n - 1 ) 

[0046] The circuit in FIG. 5 may be either a digital or 
an analog circuit. If analog components are used, the 
multipliers 5d1 , 5d4, 5d5 are amplifiers with the indi- 
cated gain values, the adder 5d2 is a summing ampli- 
fier, the delay unit 5d3 is an analog delay line, and n is a 
continuous time variable. 

[0047] FIG. 6 shows another circuit that can be 
used as the threshold generator 5d. This circuit is iden- 
tical to the circuit in FIG. 5, with the addition of a limiting 
unit 5d6 on the input side of the first multiplier 5d1 . The 
limiting unit 5d6 compares the received sample value 
x(n) with the output of multiplier 5d4; that is, with the 
delayed smoothed signal y(n - 1 ) multiplied by the quan- 
tity (K + 1 )/K. If x(n) differs greatly from the output of 
multiplier 5d4, the limiting unit 5d6 limits x(n) so that the 
signal received by multiplier 5d1 does not differ from the 
output of multiplier 5d4 by more than a predetermined 
amount. 

[0048] The limiting unit 5d6 operates as an ampli- 
tude limiting means, limiting the range of variation of the 
threshold signal output by the threshold generator 5d. 
Even during intervals of multipath noise, accordingly, 
the threshold value does not increase too rapidly, ena- 
bling an appropriate threshold signal to be obtained 
without the use of an extremely large value of K. The 
reduction in the necessary value of K in turn enables the 
threshold generator 5d to track changes in the noise 
floor more accurately. 
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[0049] FIG. 7 shows still another circuit that can be 
used as the threshold generator 5d. This circuit is iden- 
tical to the circuit In FIG. 5, with the addition of a limiting 
unit 5d7 on the output side of multiplier 5d5. This limiting 
unit 6d7 also operates as an amplitude limiting means, 
limiting the threshold value output from the threshold 
generator 5d to a predetenmined range of values, 
regardless of the behavior of the signal x(n) received 
from the absolute-value calculation unit 5b. In this way it 
is possible to prevent the threshold value from becom- 
ing either too high or too low, even if the general noise 
level in the received signal remains abnomrially high or 
abnomrially low for an extended period. 
[0050] FIG. 8 shows yet another circuit that can be 
used as the threshold generator 5d. This circuit adds 
both of the limiting units 5d6, 5d7 shown in FIGs. 6 and 
7 to the circuit shown in FIG. 5, enabling a relatively 
small value of K to be used, but still keeping the thresh- 
old value reliably within fixed limits. 
[0051] In addition to these (and other) possible var- 
iations in the internal stmcture of the threshold genera- 
tor 5d, variations are possible in the operation of the 
storage unit 5f. For example, instead of functioning as a 
transparent latch and replacing each muttipath noise 
spike with the constant value immediately preceding the 
spike, the storage unit 5f can replace the spike with a 
linearly varying value obtained by interpolation between 
the values immediately preceding and immediately fol- 
lowing the spike. 

[0052] In another variation of the first embodiment, 
the relationships of the multipath noise reducer 5 and 
the impulse noise reducer 6 are reversed, so that the 
impulse noise reducer 6 receives the output of the FM 
demodulator 4, the multipath noise reducer 5 receives 
the output of the impulse noise reducer 6, and the 
stereo demodulator 7 receives the output of the multip- 
ath noise reducer 5. This variation also applies to the 
embodiments to be described below. 
[0053] As a second embodiment of the invention, 
FIG. 9 shows an FM stereo radio receiver that differs 
from the first embodiment only in the internal configura- 
tion of the multipath noise reducer 50. Moreover, the 
multipath noise reducer 50 In the second embodiment 
differs from the multipath noise reducer 5 in the first 
embodiment only in regard to the high-pass filter. Spe- 
cifically, whereas the high-pass filter 5a in the first 
embodiment preceded the absolute-value calculation 
unit 6b, the high-pass filter 5g in the second embodi- 
ment follows the absolute-value calculation unit 5b. 
Accordingly, the output of the FM demodulator 4 is sup- 
plied to the absolute-value calculation unit 5b, the out- 
put of the absolute-value calculation unit 5b is supplied 
to the high-pass filter 5g, and the output of the high- 
pass filter 5g is supplied to the comparator unit 5c and 
threshold generator 5d. 

[0054] The high-pass filter 5a in the first embodi- 
ment detected both rising and falling edges of the 
demodulated signal. The high-pass filter 5g in the sec- 



ond embodiment, however, detects only one type of 
edge. In the following description it will be assumed that 
the high-pass filter 5g detects only rising edges. 
[0055] FIG. 10 shows wavefonns of the output of 

5 the FM demodulator 4 (a), the output of the absolute- 
value calculation unit 5b (b). the output of the high-pass 
filter 5g (c), the output of the comparator unit 5c (d), and 
the output of the storage unit 5f (e) during an interval of 
multipath noise in the second embodiment. The illus- 

10 trated interval is the expanded interval shown at the bot- 
tom of FIG. 2. 

[0056] Waveform (b) In FIG. 10 is substantially 
identical to waveform (a) with negative values replaced 
by positive values of like magnitude. From waveforms 

75 (b) and (c), it can be seen that the high-pass filter 5g 
generates one positive pulse, in wavefomn (c) , for each 
rising edge in the absolute-value waveform (b) . The 
comparator unit 5c compares the output by the high- 
pass filter 5g with the threshold signal (dotted line) sup- 

20 plied by the threshold generator 5d to generate the gate 
pulse waveform (d). The output of the storage unit 5f, 
shown in wavefomri (e) . is held constant during the 
pulses in the gate pulse wavefonn (d). 
[0057] A comparison of the gate pulse wavefomns 

25 (d) in FIGs. 4 and 10 shows that the second embodi- 
ment generates somewhat narrower gate pulses than 
the first embodiment. There are also cases in which the 
second embodiment generates two separate gate 
pulses, one representing a negative noise spike and the 

30 Other representing the following positive noise spike, 
where the first embodiment generates a single wider 
gate pulse covering both noise spikes. This is a conse- 
quence of the detection of only one type of edge (e.g., 
only rising edges) by the high-pass filter 5g in the sec- 

35 end embodiment 

[0058] The gate pulses (d) in the first embodiment 
(FIG. 4) tend to be slightly wider than the actual multip- 
ath noise spikes, because the high-pass filter 5a detects 
both types of edges. The gate pulses (d) in the second 

40 embodiment (FIG. 1 0) represent the actual widths of the 
noise spikes more accurately. Thus in eliminating multi- 
path noise, the second embodiment causes even less 
distortion of the audio output signal than does the first 
embodiment. 

45 [0059] Another advantage of the second embodi- 
ment is that the high-pass filter 5g can have a simpler 
internal structure than the high-pass filter 5a in the first 
embodiment. The reason is that to detect multipath 
noise spikes accurately, the high-pass filter 5a in the 

50 first embodiment requires a sharp cut-off characteristic, 
while the high-pass filter 5g in the second embodiment 
does not require such a sharp cut-cfff characteristte. 
Thus the high-pass filter 5a in the second embodiment 
can be less expensive and more compact than the high- 

55 pass filter 5g in the first embodiment. 

[0060] As a third embodiment of the invention, FIG. 
1 1 shows an FM stereo radio receiver in which a control 
unit 13 is added to the audio output circuit of the first 
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embodiment. The control unit 13 receives the S-meter 
signal output by the IF amplifier 3 and the gate pulse 
signal output by the comparator unit 5c in the multipath 
noise reducer 5, and generates control signals for input 
to the stereo separation controller 1 1 and high-cut con- 5 
troller 12. The elements other than the control unit 13 
operate in the same way as in the first embodiment, so 
detailed descriptions will be omitted. 
[0061] Referring to FIG. 12, the control unit 13 com- 
prises a pair of time-constant units 13a, 13b, a signal 10 
conversion unit 13c, and a signal combining unit 13d. 
[0062] The two time-constant units 13a, 13b proc- 
ess the detection signal received from the comparator 
unit 5c in the multipath noise reducer 5, using two differ- 
ent time constants, and supply the resulting signals to is 
the signal combining unit 13d. The signals output by the 
time-constant units 13a, 13b reflect both present and 
past values of the comparator output signal, the time 
constants determining the extent to which past values 
are reflected. Low-pass filters can be used as the time- 20 
constant units 1 3a, 1 3b, but If digital signal processing is 
employed, various other types of time-constant compu- 
tation are possible, using pulse width as a parameter, 
for example. 

[0063] The signal conversion unit 13c converts the 25 
S-meter signal received from the IF amplifier 3 to a 
stereo separation control signal and a high-cut control 
signal. The stereo separation control signal, supplied to 
the signal combining unit 1 3d, indicates the degree of 
stereo separation that is desirable in relation to the elec- 30 
trie field strength received at the antenna 1 . The high- 
cut control signal, supplied to the high-cut controller 12, 
indicates the degree to which high frequencies should 
be attenuated in the demodulated signal. 
[0064] The signal combining unit 13d combines the 35 
signals received from the time-constant units 13a, 13b 
and the signal conversion unit I3c to generate a single 
control signal, which is supplied to the stereo separation 
controller 1 1 . 

[0085] As described in the preceding embodiments, 40 
the impulse noise reducer 6 removes the individual 

noise spikes occurring during an interval of multipath 
noise, but does not connect distortion that occurs 
between the noise spikes. This inter-spike distortion is 
not completely negligible, as can be seen from the 45 
enlarged waveform (b) in FIG. 2. Since this distortion is 
not removed by the impulse noise reducers, it is helpful 
to lessen the distortion by reducing the degree of stereo 
separation. 

[0066] FiG. 13 illustrates the operation of the con- so 
trol unit 1 3. The first wavefomn (a) is the gate pulse sig- 
nal output by the comparator unit 5c in the multipath 
noise reducer 5. The next wavefonn (b) is the signal out- 
put by time-constant unit 13a. This signal (b) is a stereo 
separation control signal that varies between a control 55 
value corresponding to full stereo separation, indicated 
by the word STEREO in the drawing, and a control 
value con-esponding to no stereo separation, that is, to 



fully monaural operation, indicated by the word MONO 
in the drawing. This signal (b) drops quickly from the full- 
stereo level toward the monaural level during each gate 
pulse, then rises more slowly back toward the full-stereo 
level. 

[0067] The next waveform (c) is the signal output by 
time-constant unit 13b. This signal Is another stereo 
separation control signal that varies between values 
corresponding to full-stereo and fuH-monaural opera- 
tion. This signal also drops toward the monaural level 
during gate pulses and rises back toward the full-stereo 
level after each gate pulse, but the drops and rises take 
place more slowly than in the preceding waveform (b), 
because time-constant unit 13b has a longer time con- 
stant than time-constant unit 13a. 
[0068] The next waveform (d) is the stereo separa- 
tion control signal output from the signal conversion unit 
13c to the signal combining unit 13d. This waveform 
also varies between full-stereo and full-monaural levels. 
In FIG. 13, the received field strength is assumed to be 
sufficiently high for full stereo separation, so this signal 
remains constant at the full-stereo level. 
[0069] The final waveform (e) Is the waveform out- 
put by the signal combining unit 13d. This waveform Is 
generated by, for example, multiplying the three preced- 
ing wavefomns (b), (c), (d) together by analog multiplier 
means. Alternatively, if digital signal processing is 
employed, various arithmetic and logic operations can 
be used to combine waveforms (b), (c), and (d) to obtain 
waveform (e). For example, logical AND operations and 
logical OR operations can be performed on the sign bits 
indicating the signal polarities. 
[0070] The reason for employing two time-constant 
units 1 3a, 1 3b with different time constants Is the follow- 
ing. A short time constant, as illustrated in wavefonn (b), 
is appropriate tor reducing the distortion caused by mul- 
tipath noise Itself, but the resulting rapid transitions 
between full stereo separation and fully monaural out- 
put cause other types of distortion, including such 
severe types as an unstable sound Image and rapid 
fluctuations in volume. A long time constant, as Illus- 
trated in wavefonn (c), avoids these other types of dis- 
tortion, but does not lead to effective reduction of the 
distortion resulting from multipath noise. Combining the 
control signals obtained with both time constants ena- 
bles the distortion caused by multipath noise to be 
reduced effectively without introducing other types of 
severe distortion. 

[0071] In a variation of the third embodiment, time- 
constant unit 13b is eliminated, and the signal combin- 
ing unit 1 3d receives control signals only from time-con- 
stant unit 13a and the signal conversion unit 13c. Time- 
constant unit 13a, which still has a comparatively short 
time constant, is modified so that after making a transi- 
tion from the full-stereo level to the monaural level in a 
series of steps, the control signal output by the time- 
constant unit 13a also recovers to the full-stereo level in 
a series of steps. This variation is illustrated in FIG. 14, 
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in which the top waveform (a) is the gate pulse signal 
received from the comparator unit 5c, and the bottom 
waveform (b) is the stereo separation control signal out- 
put by the time-constant unit 13a. 
[0072] The number of steps in the recovery from 
monaural to stereo operation does not necessarily have 
to be equal to the number of steps in the transition from 
stereo to monaural operation, as shown in FIG. 14. Any 
stepwise recovery scheme that prevents rapid fluctua- 
tions in the volume of the reproduced signal can be 
employed. 

[0073] In another variation of the third embodiment, 
the control unit 13 is modified to begin stereo separation 
control at zero-crossing points of the demodulated 
stereo signal. This variation avoids discontinuities in the 
output audio waveforms. The principle is illustrated in 
FIG. 15, in which the top waveform (a) is a schematic 
representation of the control signal output by, for exam- 
ple, time-constant unit 13a. The next two wavefonns (b) 
and (c) represent the left and right channels, respec- 
tively, of the audio output signal before stereo separa- 
tion control. The black dots indicate the zero-crossing 
points of the left-channel waveform (b). The last two 
waveforms (d) and (e) represent the left and right chan- 
nels, respectively, of the audio output signal after stereo 
separation control. FIG. 15 shows an extreme example 
In which the left channel is a sine-wave signal and the 
right channel is silent. 

[0074] The first control interval X begins midway 
between two zero-crossing points in the audio signal, 
causing an abrupt transition from stereo to monaural 
output at this point. Since the monaural signal amplitude 
is half the sum of the left and right channel signals, i.e., 
(L + R)/2 , the signal amplitude in the left channel is 
abruptly reduced by half, while the signal amplitude in 
the right channel is abruptly increased by a similar 
amount, as shown in waveforms (d) and (e). These sud- 
den, discontinuous changes in the audio signal wave- 
forms produce artifacts such as audible clicks in the 
audio output. 

[0075] The second control interval Y begins at a 
zero-crossing point. Consequently, both the left- and 
right-channel signals change continuously, as shown in 
waveforms (d) and (e), and no audible artifacts are pro- 
duced. 

[0076] In order to avoid excessive delays in the 
onset of stereo separation control, the zero-crossing 
points used in this variation of the third embodiment are 
zero-crossing points in comparatively high frequency 
components of the audio signal, in the audio mid-range 
and treble range, detected by the control unit 13 after 
the bass component has been removed. Furthemripre, 
stereo separation control does not have to begin exactly 
at a zero-crossing point; it suffices for stereo separation 
control to begin close to a zero-crossing point. For 
example, stereo separation control can begin when a 
zero crossing is detected by a change in the sign bit of 
a digital audio signal, or in the polarity of an analog 



audio signal. 

[0077] In still another variation of the third embodi- 
ment, the control unit 13 is employed with the multipath 
noise reducer 50 of the second embodiment, as illus- 

5 trated in FIG. 1 6. This variation is a straightfonward com- 
bination of the second and third embodiments, so a 
detailed description will be omitted. 
[0078] Those skilled in the art will recognize that 
further variations of the embodiments described above 

10 are possible within the scope claimed below. 

Claims 

1 . A multipath noise reducer (5, 50) for reducing multi- 
15 path noise present in an input signal, comprising: 

rectifying means (5a, 5b) for receiving the input 
signal and generating a rectified signal con-e- 
sponding to an absolute value of the input sig- 

20 nal; 

threshold-calculating means (5d) for receiving 
the rectified signal from the rectifying means 
(5a, 5b) and generating a threshold signal hav- 
ing a value related to the rectified signal; 

25 comparator means (5c) for receiving the recti- 

fied signal from the rectifying means (5a, 5b) 
and comparing the rectified signal with the 
threshold signal, thereby detecting said multip- 
ath noise in the input signal, and generating a 

30 detection signal indicating presence of said 

multipath noise in the input signal; and 
modification means (5e, 5f) for receiving the 
detection signal from the comparator means 
(5c) and modifying the input signal according to 

35 the detection signal, thereby reducing the mul- 

tipath noise present in the input signal. 

2. The multipath noise reducer (5, 50) of claim 1, 
wherein the rectifying means comprises: 

40 

a high-pass filter (5a, 5g); and 
atssotute-value calculation means (5b). 

3. The multipath noise reducer (50) of claim 2, 
45 wherein the absolute-value calculation means (5b) 

calculates an absolute value of the input signal, and 
the high-pass filter (5g) generates the rectified sig- 
nal from said absolute value. 

50 4. The multipath noise reducer (5, 50) of claim 1, 
wherein the threshold-calculating means (5d) 
includes smoothing means (5d1 , 5d2, 5d3, 5d4) for 
smoothing said rectified signal. 

55 5. The multipath noise reducer (5, 50) of claim 4, 
wherein the threshold-cateulating means (5d) also 
includes ampl'itude limiting means (5d6, 6d7) for 
limiting at least one of an input and an output of the 
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smoothing means (Sdl, 5d2, 5d3, 5d4), thereby 
limiting variations In the threshold signal. 

6. An audio output circuit for generating an audio sig- 
nal from an input signal, comprising the multipath 5 
noise reducer (5, 50) of claim 1 . 

7. The audio output circuit of claim 6, wherein the 
audio signal is a stereo signal, further comprising 
control means (13) for receiving the detection sig- io 
nal from the comparator means (5c) and generating 

a control signal controlling stereo separation of the 
audio signal according to the detection signal. 

8. An FM radio receiver receiving an FM broadcast is 
signal and outputting a stereo audio signal, com- 
prising: 

an FM demodulator (4) for demodulating the 
FM broadcast signal to obtain a demodulated 20 
signal; 

a multipath noise reducer (5) receiving the 
demodulated signal from the FM demodulator 
(4), detecting multipath noise in the demodu- 
lated signal, and modifying the demodulated 25 
signal to reduce the multipath noise, thereby 
generating a first modified signal; 
an impulse noise reducer (6) receiving the first 
modified signal from the multipath noise 
reducer (5), detecting impulse noise in the first 30 
modified signal, and modifying the first modi- 
fied signal to reduce the impulse noise, thereby 
generating a second modified signal; and 
a stereo demodulator (7) receiving the second 
modified signal and performing stereo separa- 35 
tlon, thereby converting the second modified 
signal to said stereo audio signal. 

9. The FM radio receiver of claim 8, further comprising 

a control circuit (13) controlling the stereo separa- 40 
tion performed by the stereo demodulator (7) 
according to presence of multipath noise as 
detected by the multipath noise reducer (6). 

10. The FM radio receiver of claim 8, wherein the multi- 4S 
path noise reducer (5, 50) is as set forth in any of 
the claims 1 to 5. 
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